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About This Guide

This guide describes how to configure T1 Centrex support for MAXCS 7.5 patch deployments using an AudioCodes
Mediant series gateway.

Please note the following considerations before you begin the procedures in this guide:

e The examples in this guide illustrate the configuration for a Mediant 1000B gateway. For other models, ad-
just the port settings as needed. This document should also apply to Mediant 800B with a voice T1 interface.

e AltiGen does not provide general configuration support for AudioCodes devices. Contact AudioCodes sup-
port for assistance with general setup.

e T1 CAS Centrex transfer support is a special configuration for the Mediant 1000 gateway. You must dedicate
the Mediant 1000 gateway to this purpose only. AltiGen will not support additional non-T1 CAS Centrex con-
figuration to the same gateway. In other words, no additional PRI, non-Centrex T1 CAS and FXO, FXS ports
should be used on this gateway. For additional FXS and FXO support, we recommend that you use an
AudioCodes MP-1xx gateway.

e If non-Centrex PRI support is needed, check the AltiGen knowledgebase (https://know.altigen.com) for
available PRI gateway options.

Requirements

Your system and environment must meet the following requirements:

e You must be using an AudioCodes gateway model Mediant 1000 with a T1/PRI module.
e  You must have a support agreement with AudioCodes.

e The gateway must already have a static IP address and must be able to be configured through the web configura-
tion tool. Make sure MaxCS can ping the gateway.

e The gateway must be running the correct version of firmware: Click the Home button and check that you have
firmware version F6.60A.292.001. If the version is incorrect, talk to AudioCodes Support to obtain the correct
firmware and update instructions.

e The gateway and MaxCS must be on the same LAN. If they are in different locations, a VPN must be set up be-
tween the two locations.

Overview

The next figure depicts the configurations modeled in this guide. You will replace our IP addresses with the specific IP
addresses for your deployment.

e MAXCS-10.40.1.43
e AudioCodes gateway —192.168.1.20
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MaxCs
(10.40.1.43)

PSTN 5102520002

PSTN
Network|Router —

AudinCodes Mediant 1000
(192 168.1.20)

T1 Centrax

T1PSTH
4082520000

PSTN 5102520001

Figure 1: Example configurations for LAN deployments

In this example, T1 Centrex connects to CO (central office) that supports it.

It can also connect to a third party PBX that supports T1 Centrex. With a third-party PBX, these PSTN numbers can be
replaced with extension numbers in the third-party PBX.

T1 Configuration

Complete the steps in this section before you perform any other configuration steps in this guide.

1. Your gateway has many configuration parameters. We recommend that you reset the configuration to the
factory default settings before you begin the configuration process. Refer to the instructions in Resetting the
Gateway to Default Settings beginning on page 23.

2. Next, obtain the appropriate CAS (channel associated signaling) file and INI file, to load to the gateway.

If you are replacing an existing Max1000 or AltiGen T1 Centrex configuration with CO or a third-party PBX,
then you may be able to use the CAS file that is attached to this article in the AltiGen knowledgebase. We
recommend that you try to make the CO or third-party PBX T1 Centrex setting the same as specified in this
document, so that you can directly use the CAS and INI file provided by AltiGen.

Otherwise, you will need to contact AudioCodes to obtain the correct CAS file.
AltiGen’s T1 CAS file specifies the following ANI/DNIS formats:

e AltiGen’s T1 board uses DTMF to send ANI(caller ID) and DNIS(DID)
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e The transmit and receive format is *ANI*DNIS

If you need to obtain a CAS file from AudioCodes, let them know that the file must support T1 CAS Centrex
transfer with following parameters:

e LlineTransferMode =3
e  TrunkTransferMode=3 [This value may change as a result of your discussions with AudioCodes Support]

e CASDelimitersPaddingUsage=1 [This value may change as a result of your discussions with AudioCodes
Support]

The CAS file that is compatible with AltiGen T1 span is:
“e_m_fgbwinktable_hookflash(250) ani_before_address.dat”
It is attached to this Article in the AltiGen knowledgebase.

If your CO third-party PBX Centrex T1 receives *ANI*DNIS format in DTMF, import the
“BOARD_Manipulation.ini” file, so it can receive the call ID from gateway’s T1 Centrex span.

If the format is different, talk to the CO/third-party PBX vendor to get the format. Then talk to AudioCodes
support to get the correct .ini file.

3. Once you have obtained both the CAS and INI file, load them to the gateway.

Important! While working in the AudioCodes configuration application, make sure that Full is always se-
lected for the Configuration menu, so that you can see all of the menu options. Check this set-
ting if you are idle for a few minutes; sometimes the application resets the menus to Basic
mode.

a. Loginto the AudioCodes configuration tool. Choose Full for the Menus.
(For security purposes, we recommend that you take a minute to change the default AudioCodes con-
figuration tool password now, or do so shortly after you complete the provisioning steps.)

b. Click the Maintenance button above the menu.

c. Select Software Update > Load Auxiliary Files.

d. Click Browse for the INI file, and load the appropriate tile. Repeat this step to load the CAS file.
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Configuration | Meintenence| 5'oacr osti

r i Pe—
Search |
_ pasic '® Full
@ Maintenance
= J_SaFtware Update
| |Load Auxiliary Files
L _:Snl‘lware Upgrade Key
_Software Upgrade Wizard
|Configuration File

CLI Script file {incremental)

INMI file {incremental)

=3 C:\BOARD_Manipulation.ini

CAS file
= C:la_m_fgbwinktable_hookflash(25

Figure 2: Load INI and CAS files to the gateway

Note:

Browse. ..

Browse...

Browse. ..

Load File

il

Load File

the extra files. To do this, navigate to http://192.168.1.20/FAE, select Cmd Shell. Use either
DeleteCasFile 0 to delete the first CAS file, or use DeleteCasFile -1 to delete all CAS files.

Do not load the same CAS file multiple times. If there are too many CAS files, you must remove

4. Select VolIP > PSTN > CAS State Machines.
For AltiGen-compatible T1 Centrex systems, set the following parameters:
e Set Collect ANI to Yes
e Set Digit Signaling System to DTMF
For other systems, set the parameters based upon the advice from AudioCodes.
J Basic % Full (2]
= il Sysnem |
Apphcation Settings
Syslog Settings f—m
Regeanal Sethings
Certificates
* il Management
*JLwamg
"dTﬁt Call
= iahyarp it Onf Generate Inter DTMF e DTMF bedory Max Inosmaeng Max Incomang Collect ANI Daget Sugnaling
e Digit Tirre Dhetection Time | Detection Time | Address Digts AHL I:'-:mi; - Sywbem
= ] -1 -1 -1 = Yes W DTMF
TDM Bus Settiigs
Sl securty
SillesTH
Global Parsmeters
CAS State Machines
Trunk Settings
Figure 3: CAS State Machine parameters
5. Select VolIP > PSTN > Trunk Settings. Select the appropriate T1 span (Trunk ID). To do this, click on the num-

ber. For example, to select the second T1 span, click 2. In this document we configure the first T1 span.

AudioCodes Mediant-1000 T1 Centrex Configuration Guide
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(' Basic @ Full @&
il system
Elidvorp

i network |

EETomM ﬂh

u;jsacurity

st

DGIobaI Parameters
CAS State Machines

Trunk Settings
HiH Media

Figure 4: Click the trunk
6. The supported T1 interface parameters are as follows:

e Set Protocol Type T1 CAS

e Set Line Code to B8ZS

e Set Framing Method to T1 FRAMING ESF CRC6

e Set CAS Table per Trunk to the CAS file you just imported.

| General Settings

Module ID 1
Trunk ID 1
Trunk Configuration State Active

Protocol Type A T1CAS o

[ » Trunk Configuration |
Clock Master Recovered ~

Auto Clock Trunk Priority

0
Line Code \ B&Z
0

25 L
Line Build Out Loss dB A
Trace Level No Trace hd
Line Build Out Overwrite OFF v
Framing Method \ T1FRAMING ESF CRC6E o

| v CAS Configuration
Dial Plan [NONE v

| '® CAS Table per Trunk ’\..ft B e e |
CAS Table per Channel |

Figure 5: Set SIP Trunk parameters
7. Click Apply Trunk Setting to activate the span.

Check the CO or the third-party PBX status to confirm that the T1 span is up and running.

Log into MAXCS Administrator and select VolP > Enterprise Network Management > Codec > Codec Profile
Table.

AudioCodes Mediant-1000 T1 Centrex Configuration Guide Page 7 of 24
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10. Add a new codec profile named audiocodes.

Profile Setting

Marme: ‘audiooodes

EbrE e ¢ Assign Codec as G.711 Mu-Law.

G711 Mu-Law  =ran )
Cramoe e Set DTMF Delivery to RFC 2833.
Codec: C %) e Set SIP Early Media to Enable.

Do

4

DTMF Delivery RFC 2833 P

SIP Eatly Media \_Enable

SIP Transport & ubpP

Figure 6: Add a new Codec Profile

11. Select VolP > Enterprise Network Management > Servers > IP Codec > IP Device Range. Add the gateway’s
IP address.

40 Add IP Device Range E2

e Set both the From and the To fields to

From:  |192.168.1.20 | 192.168.1.20
To: (182 168.1.20 | e For the Codec, select audiocodes
codec:  ( audiocodes -

\ Ok ) . Cancel )

Figure 7: Add the Firewall IP address range

12. Open the MaxAdministrator Boards view. Double click SIPSP, select Board Configuration, and click Ad-
vanced Configuration. Add 192.168.1.20 to the Trusted SIP Device List.
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Advanced Configuration

— Trusted SIP Device List

SIP Device IP Address

10.140.0.22
10.140.0.23
10.140.0.24
10.140.0.27

Figure 8: Add the Firewall IP address to the Trusted Device list

If this IP address is not included in the list, then the IP address will be treated as a malicious SIP device due
to excessive SIP messages coming from that address.

13. Open the AudioCodes configuration tool and log in.

f Status
Configuration. Malntenance & Diagnostics

Scengrios Search
I_!:‘ic > Full Click Submit after each change, and later
=l System click Burn, or your changes will be lost after
e the gateway is restarted.
__|Syelog Settings
__|Regional Settings
|certificates
*idManagement
“(lLogging
@l Test Call
S S

Figure 9: Set the AudioCodes tool menu to Full
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14. Select VolP > Media > RTP/RTCP Settings.

() Basic ® Full

“_iSystem
Slidvorp
lliNetwork
lliSf_-curity
=i media
Voice Settings
DFax;’MDdem,-'CID Settings
L_RTP/RTCP Settings

Set both RFC 2833 TX Payload Type and
RFC 2833 RX Payload Type to 101.

w» General Settings

Dynamic Jitter Buffer Minimum Delay |'H]I

Dynamic Jitter Buffer Optimization Factor |'H]I

RTP Redundancy Depth |ﬂ'

Packing Factor |'|

Basic RTP Packet Interval |Defau|t

RFC 2833 TX Payload Type =101
RFC 2833 RX Payload Type —p{ 101
RFC 2198 Payload Type j104

Figure 10: Configure the TX and RX Payload Type settings

15. Select VolP > Media > General Media Settings.

) Basic ® Full l.’f:l
Ll_i System
Si@vorp

ﬁl\letwork
ﬁSecurity e Make sure that NAT Traversal is set to

Sl media Disable, so that it will not conflict with
[Civoice Settings MAXCS’s NAT Traversal.
DFaxIMDdemeID Settings

RTR/RTCP Settings
IPMedia Settings
DGeneml Media Settings

Ana| -
w General Settings
Mec =
& Enable Continuity Tones I_Dlsahle
MAT Traversal = | Disable

Figure 11: Disable NAT Traversal
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16. Select VolP > Control Network > Proxy Sets Table. Configure Proxy Set ID 0 as follows:

( Basic ® Full ﬁ
H_iSystem e Set Proxy Ad.dress I1to 10.40.1.43:10069 (The
=Elidvorp MAXCS public IP address and port). Set its
ﬁw etwork Transport Type to UDP.
ESEcurit:.r
lliMedia —
#lservices Proxy Set ID - [0
ﬁﬁ.pplicatinns Enabling
=\l Contral Network Proxy Address Transpert Type
IP Group Table —>| 1 |10.40.1.43:10060 fuDP ||
DF‘roxv Sets Table 3 I I
3 | [ ¥
a | [ 1™~
| [ 1~
w
Enable Proxy Keep &live | Disable

Figure 12: Add an entry to the Proxy Sets table
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17. Select VolP > SIP Definitions > General Parameters.

(' Basic ® Full

'ul_iSystem
Sidvorp
lliNetwnrk
QSEcuril:y
ﬁMedia
ll_iSErl.rices
ll_iﬁ.pplicatiuns Enabling
lliC{:ntroI MNetwork
=L s1P Definitions
General Parameters
Advanced Parameters
Account Table
DPI‘DX':.-’ & Reagistration
.DRADIUS Accounting S

e Make sure that NAT IP Address is 0.0.0.0.
e Set Enable Early Media to Disable.

e Set SIP Transport Type to UDP.

e Set SIP UDP Local Port to 10060.
e Set SIP Destination Port to 10060.

w SIP General

% MAT IP Address

PRACK Mode

Channel Select Mode
Enable Early Media

183 Message Behavior
Session-Expires Time
Minimum Sessicn-Expires
Session Expires Method
Asserted Identity Mode

Fax Signaling Method
Detect Fax on Answer Tone
SIP Transport Type

SIP UDP Local Port

SIP TCP Local Port

SIP TLS Local Port

Enable SIPS

Enable TCP Connection Reuse
TCP Timeout

SIP Destination Port

Figure 13: Configure general SIP parameters
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| Disable
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i
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| Disabled

|T. 38 Relay

Initiate T.28 on Preamble

UDP

= [10060

5060

5061

Disable

Enable

0

%'10(}60
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18. Select VolP > SIP Definitions > Proxy & Registration.

(' Basic ® Full <)
=i System e Set Use Default Proxy to Yes.
E‘"“_E"IP e Set Enable Fallback to Routing Table to Enable.
HH yetwork Set p Routing Tabl N
= L]
Bl security et Prefer Routing Table to No.
* i Media e Set Always Use Proxy to Disable.
®lidservices e Set SIP ReRouting Mode to Use Routing Table.

*\.d npplications Enabling

@@ control Network e Set Enable Registration to Enable.

=l s1P Definitions o Set Registrar IP Address to 10.40.1.43. (The MAXCS IP ad-
DGeneml Parameters dress.)
e e Set Registrar Transport Type to UDP.

Account Table

Proxy & Reaqistration -
Use Default Proxy Ni=] T
Proxy Set Table li
Proxy Name
Redundancy Mode v
Proxy IP List Refresh Time
Enable Fallback to Routing Table Enable T
Prefer Routing Tahble No T
Use Routing Table for Host Mames and Profiles r
Always Use Proxy Disablz v
Redundant Routing Mode r
SIP ReRouting Mode se Routing Table T
Enable Registration Enable r
Registrar Name
Registrar IP Address 10.40.1.43
Registrar Transport Type UoF v
Registration Time 100
Re-registration Timing [%] S0

Figure 14: Configure Proxy and Registration parameters
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19. Select VolP > Coders and profiles > Coders. Check that both G.711U-law and G.729 are in the list. (If you
choose to configure G.711A-law instead of G.711U-law, make sure that you configure it in the MASCS codec

profile.)
() Basic '® Full l.’i?]
llis'g.rstem
Si@vorp
Uil‘\letwork
ESEcurity
ﬁMedia — :
ﬁSEwices Coder Name _| Packetization Time | Rate Payload Type
gﬁ.pplicatiuns Enablin IG-_"”I*”-J"E"IlIII j |2EI j ||E4 ;I IE
Control Netwaork
ﬁSIF‘ Definitions G128 j IZD j || 8 ;I |1E
E‘ﬁC{:ders and Profiles
DCDders
Coders Group Settings
DTE| Profile Settings
DIP Profile Settings

Figure 15: Confirm that G.711U-law and G.729 appear in the Coders list

20. Select VolP > GW and IP to IP > DTMF and Supplementary > DTMF & Dialing.

() Basic @ Full l.’i?]
# Jsystem e Set Declare RFC 2833 in SDP to Yes.
Elidvorp .
: e Set 1st Tx DTMF Option to RFC 2833.
'i_il\letwork
@@ security e Set RFC 2833 Payload Type to 101.
'i_ir"'ledia
'ul_iSeruices -
gﬁpplicatiﬂns Enabling Max Digits In Phone Num 30
Control Metwork A
: 4
ESIP S — Inter Digit Timeout [sec)
#li Coders and Profiles Declare RFC 2833 in SDP — | Yes v|
S cw and 1P to 1P 1st Tx DTMF Option = | RFC 2833 v
.
unt Group 2nd Tx DTMF Option | v|
ﬁManipulations
©@@routing RFC 2833 Payload Type — 101 |
= pTMF and Supplem Hook-Flash Option | Mot Supported v|
DDT"F&Diali”‘J Digit Mapping Rules
Suppl tary 5 .
PP e Y Dial Plan Index -1
Dial Tone Duration [sec] 16
Hotline Dial Tone Duration [sec] 16

Figure 16: Configure DTMF and Dialing parameters
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21. Select VoIP > GW and IP to IP > Trunk Group > Trunk Group. Configure Group Index 1 as follows:

' Basic ® Full rﬂ'l
- 1
3 System (
- ~ Trunk Group Tabl
Sidvorp — .
Fidnetwork | | v - '
S oM | Add Phone Context As Prefix Disable ~|
ﬁ&acurity | Trunk Group Index EET] ~]
EdpsTH
“_jMedia ?:do::f Module I :r“:ﬂ To Trunk Channels Phone Number Trunh;gruup Tel Profile ID
ESEWiCES Eay Maodule 1 PRI w O - |-|E1 :l' |1 24 | 408252/ | I |1 ||] |
. —} | v W e 0000
Lliﬁ.ppllcatlc s [ ]

I

1|l l

Llil:nntrol N 2 | V] W v h '
| Fs1P Defin ; | : : :
Ll_jC{:ders and Profiles
Eidcw and 1P to IP
BﬁTI‘Unk Group
Trunk Group

Set Module to Module 1 PRI

_DTrunk Group Settings Set Channels to 1-24.

Set both From Trunk and To Trunk to 1.

e Set Phone Number to your T1’s PSTN number. In our exam-
ple, this is 4082520000. If you don’t have a number, enter

any numbers.

Figure 17: Add trunk numbers to the Endpoint parameters

22. Select VoIP > GW and IP to IP > Trunk Group > Trunk Group Settings. Configure Group 1 as follows.

) Basic ® Full m
ﬁSystem

e Set Trunk Group ID to 1.

Si@vore e Set Channel Select Mode to Cyclic Ascending.
#ilinetwork e Set Registration Mode to Don’t Register.

=i TomM -
ﬁSEcurity Trunk Group Setting

®@psTn
'uliMedia

ﬁServices k2

U_ﬂﬁ.pplicatinns Enabling Index

|1-1D

H_iCDntrol Metwork

H_iSIP Definitions
ﬁCDdEFS and Profiles Trunk

" Channel Select Mode
ElidGw and IP to IP Group ID

Serving

Registration P
Mode Group

1D

EﬁTI‘UI‘Ik Group

[EHrunk Group — 1 |1 | Cyclic Ascending

. DTmnk Group Settings 2 I I

[<]][<]

|Don'lRegis1J&r |
|

ﬁManipuIaliDns | |

Figure 18: Configure Trunk Group 2
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23. Select VolP > GW and IP to IP > Routing > IP to Trunk Group Routing. Configure a new entry as follows:

) Basic ® Full <) e Set Dest. Host Prefix, Source Host Prefix, Dest. Phone Prefix, and
Fld system Source Phone Prefix all to asterisk (*).
Si@vorp e Set Source IP Address to the MaxCS address (in our example, this
“.ﬁNEtWOFk is 10.40.1.43), to prevent fraud calls. Do NOT enter an asterisk
I+ . . g
gTD” character in this field.
W Secunty
ElE@psTy e Set Trunk Group IDto 1
ﬁMEdia Basic Parameler
QSEWiCES |
ﬁﬁ.pplicatiuns Enabling inoindex El |
ﬁl: trol Nebwork ‘o Tel Routing Mode [Route calls before manipuistion ]
onrd erwo - T : "
h'j e | Trunk
ﬁii: :rzﬁ:r:tclln:::ﬁles Dest. Phone Prefix Source Phone Prefix ! Source IP Address Source SRD 1D Rﬁ'lae”ss;::rb -» Group

S Gw and IP to 1P

I | 10.40.1.43 | & | &

[i;

UiTrunk Group

ﬁManipuIaliDns
E‘ﬁR{:uling

LLL LA

Routing General Pai
Tel to IP Routing
DIP to Trunk Group Routing
Alternative Routing Reasons
Forward On Busy Trunk

|
!
]
—
i
|

'
1
"
1

- sl - -

Figure 19: Configure a new IP to Trunk Group routing rule

24. Submit your last changes. On the toolbar, click Burn to save this configuration.

/2 AudioCodes - Microsoft Internet Explorer provided by AltiGen Communications, Inc.

_——
(P [/~ .
@'C,/ @ |@ nttp://192.168.1.20

P

¢ S AudioCodes MP-118 FXS_FXO
e EEEEEE——— -

5]

[ Submit | Burn
%~ @

Figure 20: Click Burn to save the configuration changes

25. Next, configure the SIP trunk. Log into MAXCS Administrator and double-click SIPSP in Boards view. Click
Board Configuration and then click SIP Trunk Configuration.

AudioCodes Mediant-1000 T1 Centrex Configuration Guide Page 16 of 24
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Board Configuration I” I [ x|
T
@ 1  MobileEx Board Logeall0 € Board Name  [SIPSP-0@GW00 P e e
o SIPSP , [ Channel Mapping List 1 Channel Group Info Cusirent Configured Channels B00

1 pcal... | T | ical.. | -

| ;ogncal J Sﬁﬂmim Ehys :| Total Nurmber of Channel Gi | Change Numbes of SIP Extension Channels to [Eog
1 SIP Extension 1 @ >0k g
2 SIP E:t::::: 2 - Ei 4 E 1~ SIP Tie-Trurk Channels [Connecting AINS erv-to-AlS ery Vol P calls) —
3 SIF Estension 3 e s 100
4 SIP Extension 4 Current Configured Channels 100
o SIP Evtegon & @ 212 Ok % | Change Number of SIP Tie-Trunk Channels to 100
6 SIF Estension & |
7 SIP Extension 7
8 SIP Ent::::: 8 1~ 5IP Trunking Channets [Connecting 3rd party SIP Dial Tone to AliSeny]-
9 SIP Extension 9
10 SIP Extension 10 Current Configured Channels I 125
1 SIP Extension 11
12 SIP Extension 12 =l Cunently Licensed Channels E

Reset Channel 9 SIP Trunk Configurat Ak 4 Corfiamat: I
> Board Configrration I Rssot Board [ ‘Nohg:_l:l'mg'm riumnber of SIP extension or tie tunk channels requires stop and re-start

and gateway services.

Cance

Figure 21: Open the SIPSP Trunk configuration panel

26. Configure the settings as shown in the next figure. Usually you are using 24 T1 channels, so set up 24 SIP
trunks. Make sure that you configure the same number of SIP trunks as the number of T1 channels that you
configured for the gateway.

SIP Trunk - Id=14, Logical Channel 1d=86&

SIP Server IP Address IW
Uzer Mame W
Pazzword ||—
Domain IW
SIP Register Period ID— Sac.
SIP Trunk Prafile IDefauIt 'I
SIP Source Part I'IDEIED 'I
SIP Destination Port W

[~ &utomatic MAT Traversal
v Enable Channel

ok I Cancel |

Figure 22: Configure SIP Trunk parameters
27. Add a trunk access code to the SIP trunks that you just configured.
28. In your browser, navigate to this URL: http://192.168.1.20/AdminPage

Substitute the gateway’s IP address for 192.168.1.20.

AudioCodes Mediant-1000 T1 Centrex Configuration Guide Page 17 of 24
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29. On the left, select ini Parameters.
30. For the parameter LINETRANSFERMODE, enter 3. Click Apply New Value.

31. For the parameter TrunkTransferMode_0, enter 3. Click Apply New Value.

el’%\l\@ hitp://10.402.23/AdminPage O ~ B ¢ || (& Admin Page ‘ |\

File Edit View Favorites Tools Help
Parameter Name: Enter Value]3  Apply New Valus.
|LINETRANSFERMODE |
Output Window
Parameter Name: LINETRANSFERMODE
Parameter New Value: 3
Parameter Description:lineTransferMode: 0-ip 1-pbx blind transfer 2-pbx semi
supv transfer 3-supervised transfer (alsc known as warm transfer).{@} (in TP,

feature key and parameter EnableIPMDetectors ne

Figure 23: Specify INI parameters

Note: You can see that the Trunk ID shows as 1 in Figure 5.
TrunkTransferMode _0 means Trunk ID 1

TrunkTransferMode _1 means Trunk ID 2

TrunkTransferMode _2 means Trunk ID 3, and so on

32. For AltiGen-compatible T1 Centrex spans, for the parameter CASDelimitersPaddingUsage_0, enter 1. Click
Apply New Value. (CASDelimitersPaddingUsage_0 means Trunk ID 1).

For other systems, specify the value indicated by AudioCodes support.
33. Restart your gateway so that your changes can take effect.

34. At this point, test that you can make outbound calls and inbound calls from MAXCS using your IP phone and
a T1 channel. Do not continue to the next section until these calls are working correctly.

35. Make sure the caller ID display is correct for inbound calls. If you are using a third- party PBX and you need
the outbound caller id, confirm that your outbound caller ID display is also correct. Do not continue to the
next section until these calls are working correctly.

T1 CAS Centrex Configuration

This configuration allows the system to release the T1 CAS channel after a transfer. For example, T1 channel 1 re-
ceives a call. The call is transferred. AudioCodes sends a Centrex flash to the same T1 channel to complete the trans-
fer. Once the transfer is successful, the T1 channel is released and is ready to accept another call.

1. Inthe AudioCodes configuration tool, select VolP > Media > IPMedia Settings. Set Answer Detector Activity
Delay to 300.
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Figure 24: Adjust IP Media parameter

2. Select VolP > GW and IP to IP > DTMF and Supplementary > Supplementary Services.
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lliRDuting

DDTI’-'IF & Dialing

ol

E"uliDTl'-'IF and Supplementary
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e Set Enable Hold to Enable

e Set Enable Transfer to Enable

b

Figure 25: Adjust Supplementary Services parameters

3. Loginto MAXCS Administrator and double-click SIPSP in Boards view. Click SIP Trunk Configuration. Click SIP

Trunk Profile.

Create a new profile named centrex. For that profile, check Enable SIP REFER and Enable Centrex Transfer.
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SIP Trunk Profile
—Profiles SIP Calling Mumber
Cefault SIP Protocol Field INot Sent {default) j
bandwidth
mediant 1000

Cusktom P-Asserted-Identity I

&' Carrier can accept any number
" Carrier can only accept Calling Mumber with minimum I 'I digits

" Carrier can only accept assigned numbers as Calling Mumber

Calling Mumber can be accepted by Carrier

Fram | To | Add I

Edit I
Del |

Use this as Calling Mumber if the Carrier I
cannot accept configured numbers

p 4

I~ Send Caller Mame [~ Enable Standard Record-Route Header

¥ Enable SIPREFER. [+ Enable Centrex Transfer

Figure 26: Create a new SIP Trunk Profile, ‘centrex’

4. Close the open panels. In Boards view, double-click SIPSP. Click Board Configuration and then click SIP Trunk
Configuration.

5. Set SIP Trunk Profile to centrex. Apply this setting to the other SIP trunks where SIP Sever IP addresses are
192.168.1.20.

SIP Trunk - Id=15, Logical Channel Id=80 E3 |

SIP Server [P Address IW
ser Mame W
Password ||—
Damain IW

S1IP Reqgister Period ID Bag
SIP Trunk Profile %I centrex "l

5IP Source Port [Mon-TLS ] I'IEIEIEEI "l

SIP Destination Port |1 00s0

¥ Enable Channel

Figure 27: Set SIP Trunk Profile to centrex
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7. Select PBX > Extension Configuration. Create an extension 150, and for that extension, on the General tab,
check Release SIP Tie-Link Trunk.

Resztriction | Anzweling I One Mumber Access I b anitor Lizt I
General | Group Speed Dialing I b ail b anagement | Matifization I

— Perzonal Infarmation

First M ame I Last Mame I
Passmord Imm’mxxxx Departrnent I
Dezcription I DID Murnber I
Language | Detault Languane j Tranzmitted CID I

Feature Prafile ||:| - Gystem j E911 CID

[” Enable Dial-By-Mame ¥ | Enable Intercam [ .ﬁ.gent&p Relzaze SIP Tie-Link Trunk.

Figure 28: Configure extension 150

8. Switch to the Restriction tab. Under the Other Call Restrictions section, check the first two options, Allow
Calls to be Transferred or Conference to an Outside Number and the Allow Extension User to Configure For-
warding, Notification and Reminder Call to an Outside Number options.

Other Call Restrictions

v &llaw Calls to be Transferred or Conferenced to an Outside Mumber

W Allow Extenzion Uzer ta Configure Farwarding, Motification and Reminder Call to an Outside Mumber
[ Allow Outside Caller to Make ar Betun Calls from within W Sypstem

[T Allow Outside Caller to Make ar Fonward International Calls fram within Wb System

Figure 29: Set call restriction options for extension 150
9. Switch to the Answering tab. Check Enable Forward to and set it to Free Format.
Set the number to the PSTN number with the trunk access code. In our example, it is 915102520001,,,,,.

The commas set a delay before MAXCS releases the centrex line to finish the transfer. Each comma inserts a
one-second delay after the call is forwarded. Use at least five commas (for five seconds). Longer numbers
may require additional commas. However, too many commas will impact the cut through time.
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. General | GEraup | Speed Dialing

Fiestriction Answering

Forward All Calls—N

¥ Enable Forward to IF[EE Format j

| = [ 915102520001.,....

Figure 30: Set forwarding to Free Format

10. Follow these steps to verify that the configuration is correct:

a) From a mobile phone, make a call to the Mediant 1000 T1 channel. In this example, the number is
14082520000.

b) Confirm that the call routes to the AltiGen’s IVR system.
c) Inthe IVR system, dial the virtual extension number you just created — extension 150.
d) PSTN phone 15102520001 should ring. Answer the call and confirm that you can hear voice.

e) The SIP trunk in MAXCS should be released and ready to take the next call.

Forward All Callz

¥ Enable Forward to Iw vI

|5 =] |s15102520001.. 228

Figure 31: Inject numbers after the IVR system answers
You can use this feature to inject a number (for example, an extension number) after the IVR system answers.

Here is another example of when this feature can be useful. When an incoming call reaches an extension, it will for-
ward the call out and be released right away. Sometimes, the CO or PBX cannot respond in time, causing calls to
drop. If this occurs, you can insert several prefix commas to give the CO or PBX more time to respond to Centrex
transfers.

Fonward Al Callz

[v Enable Fonward to IFree Format |

| =] |.15102520001....

Figure 32:Insert commas to allow time for transfers to complete
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Troubleshooting Tips

e When performing a Centrex transfer to an invalid destination, sometimes the CO or PBX’s FXS port will play
error or busy tones. When the gateway detects the tone during this transfer, it may send another flash-hook
to the CO or PBX FXS port. Usually this will not cause an issue.

e If MAXCS cannot correctly receive the Caller ID, confirm that CASDelimitersPaddingUsage X is set correctly;
Xis the Trunk ID. (Refer to the steps on page 18.)

Resetting the Gateway to Default Settings

We recommend that you reset the gateway to its original factory default settings before you begin your configura-
tion.

1. Save your current configuration as a precaution (optional). Click Maintenance above the menu, and then se-
lect Software Update > Configuration File. Click Save INI File and choose a name and folder location.

‘ Confi tion Fil
Configuration T rlalrtenance | ggti:;nosﬁcs ( e —

Scenarios Search

) Basic ® Full

| Imaintenance Save the INI file to the PC.
=il software Update
Load Auxiliary Files Save INI File

Software Upgrade Key
Software Upgrade Wizard
Configuration File

Load the INI file to the device.

Browse... Load INI File

The device will perform a reset after loading the INI file.

Figure 33: Save the current configuration
2. Reset the device to its default settings. This procedure will not reset the device’s web login IP address.

a. Use the Windows application Notepad to create an empty file. In this example, we name it
nullconfig.ini.

b. Inthe AudioCodes configuration tool, click Maintenance above the menu and then select Software
Update > Configuration File. Click Browse and select the empty file that you just created.

c. Click Load INI File and follow the instructions to reboot the gateway.

About INI Files

Each model of Mediant gateway has a unique .INI file. For example, the .INI file for the Mediant 1000B is different
from the .INI file for the model 800.
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Because of this difference, you cannot take an .INI file created for a Mediant 1000B and use it as-is for a different
model. You can, however, use an .INI file from one model and customize it for another model. To do this, copy the
original .INI file and merge in the details for the other model.

AltiGen Technical Support

AltiGen technical support will provide assistance and troubleshoot the configuration steps based on this configura-
tion guide. Configurations other than the ones covered in this guide are not supported by AltiGen.

For general configuration information for your gateway device, refer to your AudioCodes documentation. To find
your gateway manual, contact AudioCodes to obtain a copy of the Mediant 1000 SIP User's Manual.

AltiGen provides technical support to Authorized AltiGen Partners and distributors only. End user customers, please
contact your Authorized AltiGen Partner for technical support.

Authorized AltiGen Partners and distributors may contact AltiGen technical support by the following methods:

e  You may request technical support on AltiGen’s Partner web site, at https://partner.altigen.com. Open a case on
this site; a Technical Support representative will respond within one business day.

e  (Call 888-ALTIGEN, option 5, or 408-597-9000, option 5, and follow the prompts. Your call will be answered by
one of AltiGen’s Technical Support Representatives or routed to the Technical Support Message Center if no one
is available to answer your call.

Technical support hours are 5:00 a.m. to 5:00 p.m., PT, Monday through Friday, except holidays.

If all representatives are busy, your call will be returned in the order it was received, within four hours under normal
circumstances. Outside AltiGen business hours, only urgent calls will be returned on the same day (within one hour).
Non-urgent calls will be returned on the next business day.

Please be ready to supply the following information:

e PartnerID

e AltiGen Certified Engineer ID

e  Product serial number

e AltiWare or MAXCS version number

e Number and types of boards in the system
e Server model

e The telephone number where you can be reached
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